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(54) Low voltage adaptive equalizer

(57)  The present invention is related to an adaptive
equalizer comprising multiple tuning circuits that gener-
ate tuning signals. Each tuning signal can typically in-
duce higher frequency gain up to a limited level, e.g.
+5dB, at the upper data frequency for compensation of
high frequency losses in the connected transmission
channel. Several tuning signals can tune one adaptive
amplifying compensation stage. In its adaptive amplify-
ing compensation stage the tuning signal can generate

through its tuning function, non-ideal small-signal and
large-signal transfer behaviour. However, by limiting the
amount of higher frequency gain to maximum +8dB per
tuning function, and by having only one tuning function
active at a time the resulting deterministic jitter remains
tolerable. Several non-ideal behaving adaptive amplify-
ing compensation stages and their tuning functions are
disclosed. Especially at low power supply voltage the
merits of the present invention become apparent.

Fig. 2

53 54 55 100
~ - = |
41 43
/ . . . fJ f42
C Adaptive | | Adaptive | | Adaptive Limiting [E—o
o Stage1 || Stage2 [ | Stage 3 A Amplifier—o
51
A A A A A A Digital
Out
K11 K21 |[K12 |K22 K13 |K23
[ — | 44
AT |t ot N (R
L L 1 L L L 46
0 0 (] I s 47 Ej./
sl | 57 T pg T 59| T 0 T |e1| T /‘E;;I
) S 1 [ DN 1164 |
62 A C . 65
63 i,

Printed by Jouve, 75001 PARIS (FR)



1 EP 1 447 950 A1 2

Description

Field of the invention

[0001] The presentinvention relates to the field of da-
ta communication. More particularly, the present inven-
tion relates to a line equalizer and more specifically to
an adaptive filter and how it is adjusted in order to com-
pensate for the attenuation of signals transmitted over
a communication or transmission channel.

Technical Background

[0002] An equalizerin general compensates frequen-
cy depending losses that a signal experiences when
passing through a transmission channel. Transmission
channels include a wire, a pair of wires, an optical fibre,
the reading and writing channels of a storage device like
a hard-disc. A pair of wires includes a twisted pair, a
twinax coax or a differential transmission line on a print-
ed circuit board.

[0003] Adaptive equalizers generally include an
adaptable filter, a control loop and an output reconstruc-
tion unit.

[0004] Patent application EP-02447160, co-pending
herewith, describes how to organise the control loop
such that robust self-adaptation is achieved, independ-
ently from the transmit amplitude and the transmitted bit
pattern. A feedback control signal is generated from the
equalised output of an equalizer filter. Depending on
whether the output signal has been under- or over-com-
pensated, the feedback control signal increases or de-
creases, such that after a reasonable time the feedback
control signal converges to a value where optimal com-
pensation is reached. The control loop is formed by a
first means for measuring a short-term-amplitude signal
of the output signal, a second means for measuring a
long-term-amplitude signal of the output signal and a
comparator means for comparing the short-term-ampli-
tude signal and the long-term-amplitude signal, and for
determining the evolution of the feedback control signal.
[0005] US patent US-5,841,810 describes a way to
arrange multiple adaptive filter stages in an adaptive fil-
ter. The plurality of filter stages have a common equal-
isation control signal that has a magnitude that corre-
sponds to the communications path transfer function,
with each adaptive filter stage transfer function being an
approximate inverse of a transfer function that corre-
sponds to a portion of the input data signal communica-
tions path. Further, a method of making multiple control
signals using Zener-diodes is taught. This method has
the disadvantage that it cannot be used with a standard
CMOS or BICMOS circuit technology.

[0006] US patent application US-2002/0034221 dis-
closes a communications receiver that has multiple
stages each having a transfer function 1+K[f(jw)],
wherein the K; vary with a sequential gain control meth-
odology. This known method makes multiple tuning sig-
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nals in circuitry using many comparators and is relative
complex, but is not suited for low voltage operation nor
forimplementation on a small chip area using small tran-
sistors that have large input offset mismatches.

[0007] A difficulty with the present state-of-the-art of
adaptive equalizers is that it is being taught to make a
transfer function of the equalizer filter correspond to an
approximate inverse of a transfer function correspond-
ing to a portion of the input data signal communications
path. In that way, only very good filter types can be im-
plemented. Similarly, in the state-of-the-art on adaptive
filters, as e.g. in US-5,841,810, serially connected cas-
caded adaptive filter sections or filter stages are used
that each generate an approximate inverse of a transfer
function of a portion of the input data signal communi-
cations path.

[0008] In that way, adaptive filters and filter sections
require the use of near to perfect tuneable filters. This
has a consequence that only a very small number of
tuneable filters types can be implemented. These filter
types typically further require a power supply voltage
that is larger than 2V.

Aim of the invention

[0009] The present invention aims to provide a novel
adaptive filter and filtering method for use in an adaptive
equalizer which provides an optimised equalisation of
data signals transmitted over a communication channel,
and more in particular to compensate for the attenuation
of said signals, more specifically of the higher frequency
components of said signals.

Summary of the invention

[0010] The present invention discloses how to deal
with non-ideal, non-linear and non-perfect small signal
and large signal transfer of adaptive amplifying compen-
sation stages at a receiver side of a data communication
network.

[0011] The present invention provides an adaptive
equalizer having an adaptive filter with a first signal fil-
tering behaviour for compensating for frequency de-
pendent signal modifications introduced by a transmis-
sion channel. The adaptive filter is provided for receiving
at least two tuning parameters having a tuning effect on
the first signal filtering behaviour of the adaptive filter.
The tuning parameters are such that they have any of
afirstand second binary value, or an intermediate value.
Tuning parameters with a binary value generate a sec-
ond signal filtering behaviour of the adaptive filter, and
a tuning parameter with an intermediate value gener-
ates a third filtering behaviour of the adaptive filter, the
third filtering behaviour being less ideal than the second
filtering behaviour for compensation of the modifications
introduced by the channel.

[0012] An adaptive equalizer according to the present
invention may be such that no two tuning parameters of
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the adaptive filter have an intermediate value at a same
moment in time.

[0013] In an adaptive equalizer according to the
present invention, the adaptive filter may comprise a
plurality of adaptive amplification compensation stages,
each providing part of the first signal filtering behaviour
of the adaptive filter.

[0014] An adaptive amplification compensation stage
may have a limited compensation level, e.g. a compen-
sation level of 8 dB or less, preferably 5 dB or less.
[0015] An adaptive amplification compensation stage
may be provided for receiving two or more tuning pa-
rameters. In this case, the adaptive amplification com-
pensation stage may have a first compensation level,
wherein each or any of the tuning parameters applied
to that adaptive amplification compensation stage only
provides a limited part of the first compensation level,
while all tuning parameters together applied to that
adaptive amplification compensation stage provide the
first compensation level for the adaptive amplification
compensation stage. The adaptive amplification com-
pensation stage may be adapted so that the limited part
of the first compensation level provided by one of the
tuning parameters alone is 8 dB or less, preferably 5 dB
or less.

[0016] An adaptive amplification compensation stage
where all tuning parameters have a first binary value,
may generate a second signal filtering behaviour that
compensates the signal loss of a portion of the trans-
mission channel, i.e. provides an ideal compensation for
the signal loss of a portion of the transmission channel.
An adaptive amplification compensation stage which re-
ceives a tuning parameter with an intermediate value
may generates a third signal filtering behaviour that is
not completely compensating the signal loss of a portion
of the transmission channel, i.e. such adaptive amplifi-
cation compensation stage provides a non-ideal com-
pensation for the signal loss of a portion of the transmis-
sion channel.

[0017] An adaptive equalizer according to the present
invention may furthermore comprise a control circuit for
controlling the tuning parameters.

[0018] Such control circuit may comprise, for a tuning
parameter, a memory element for storing a value for that
tuning parameter. The memory element may be a ca-
pacitive element such as a capacitor or a transistor con-
nected as a capacitor.

[0019] The control circuit may also comprise, for a
tuning parameter, a determining means for determining
whether it is allowed for the tuning parameter to become
a tuning parameter with an intermediate value. The de-
termining means may comprise at least one input port
for receiving a first tuning parameter value from a first
determining means, and at least one output port for out-
putting a tuning parameter value to a second determin-
ing means.

[0020] The present invention also provides a method
for adaptively equalising a distorted signal from a trans-
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mission channel. The method comprises filtering the
distorted signal in an adaptive filter with a first signal fil-
tering behaviour for compensating for frequency de-
pendent signal modifications introduced by the trans-
mission channel. The filtering is controlled by a plurality
of tuning parameters having a tuning effect on the first
signal filtering behaviour of the adaptive filter. The meth-
od furthermore comprises driving the tuning parameters
so as to have any of a first and a second binary value,
or an intermediate value. Tuning parameters with a bi-
nary value generate a second signal filtering behaviour
of the adaptive filter, and a tuning parameter with an in-
termediate value generates a third signal filtering behav-
iour of the adaptive filter, the third signal filtering behav-
iour providing only a partial compensation of the signal
modifications introduced by the channel, which partial
compensation is limited to 8 dB or less, preferably 5 dB
or less.

[0021] A method according to the present invention
may be such that no two tuning parameters of the adap-
tive filter are driven so as to have an intermediate value
at a same moment in time.

[0022] The filtering may be done in a plurality of adap-
tive amplification compensation stages. A method ac-
cording to the present invention may then furthermore
comprise controlling an adaptive amplification compen-
sation stage with at least two tuning parameters.
[0023] An adaptive amplification compensation stage
may have a first compensation level. A method accord-
ing to the present invention may then be such that any
of the tuning parameters alone provides only a limited
part of the first compensation level of the relevant adap-
tive amplification compensation stage, while all tuning
parameters of the adaptive amplification compensation
stage together provide the first compensation level
thereof.

[0024] An adaptive amplification compensation stage
controlled by all tuning parameters having a first binary
value, may compensate for the signal modification of a
portion of the transmission channel; i.e. it provides an
ideal compensation. An adaptive amplification compen-
sation stage controlled by a tuning parameter having an
intermediate value does not compensate completely for
the signal modification of a corresponding portion of the
transmission signal; i.e. it provides a non-ideal compen-
sation.

[0025] The not complete or non-ideal compensation
may be due to non-linear effects in the adaptive ampli-
fication compensation stage. The not complete or non-
ideal compensation may also be due to the presence of
a maximum in a compensation transfer function of the
adaptive amplification compensation stage, the maxi-
mum being below an upper data frequency of the signal.
[0026] Inamethod according to the presentinvention,
the plurality of tuning parameters may be sequentially
applied to the adaptive filter.

[0027] According to the present invention, it is shown
that imperfect and non-linear transfer functions can still
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be used for adaptive equalizers which have good per-
formance. A simple and robust way for generating mul-
tiple tuning signals is disclosed.

[0028] By keeping the maximum tuneable compensa-
tion range per tuning signal sufficiently low, preferably,
although not necessarily, at about 5 dB, the resulting jit-
ter of imperfect signal transfer can be kept within toler-
able levels. For tuning signals that have any binary val-
ue, e.g. ZERO or ONE, its associated tuning function in
its adaptive amplifying compensation stage is designed
such that it essentially will not generate imperfections
on the small and large signal transfer function. By se-
quentially turning the tuning signals ON, only one stage
will generate imperfections at a time, such that the total
effect on the full adaptive filter shows only limited imper-
fection, generating tolerable jitter.

[0029] Some special adaptive amplifying compensa-
tion stages are disclosed based on these considera-
tions.

[0030] According to the present invention, low-volt-
age operation of equalizer circuits can be implemented.
With low voltage, it is understood, a voltage supply level
that is so low that it would make it difficult, if not impos-
sible, to make adaptable filters according to the prior art,
which always give an approximate inverse of a portion
of a connected transmission channel. In small feature
size CMOS technology operating at e.g. a 1200 mV
power supply voltage, equalizer circuits operating at 10
Gbit/s can now become feasible due to the findings of
the present invention, having power consumption of the
order of only a few mW.

[0031] Further, according to the present invention,
CMOS varactors are described that allow in certain cas-
es to make adaptable filter stages not requiring a poly-
poly capacitor or an MIM (metal insulator metal) capac-
itor module for a given CMOS technology. This lowers
the cost.

[0032] These and other characteristics, features and
advantages of the present invention will become appar-
ent from the following detailed description, taken in con-
junction with the accompanying drawings, which illus-
trate, by way of example, the principles of the invention.
This description is given for the sake of example only,
without limiting the scope of the invention. The reference
figures quoted below refer to the attached drawings.

Short description of the drawings

[0033]
izer.
[0034] Fig. 2illustrates an adaptive equalizer accord-
ing to an embodiment of the present invention, compris-
ing an adaptive filter with three adaptive amplifying com-
pensation stages each tuned by two tuning signals, that
are turned ON sequentially by tuning circuits following
a neighbour triggering method.

[0035] Fig. 3a illustrates an embodiment of an adap-
tive amplifying compensation stage having two tuning

Fig. 1 shows a state-of-the-art adaptive equal-
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signals K1i and K2i.

[0036] Fig. 3b illustrates the influence of the tuning
signals K1i and K2i on the small-signal transfer function
of the compensation stage.

[0037] Fig. 4a illustrates an embodiment of an adap-
tive amplifying compensation stage having one tuning
signal, whereby MOS varactors in the tuning function
influence the transfer function of the stage and generate
variable higher frequency gain.

[0038] Fig. 4b illustrates a varactor.

[0039] Fig. 4c illustrates a varactor obtained by inver-
sion.

[0040] Fig. 5 shows a circuit diagram of an embodi-

ment of an adaptive amplifying compensation stage
based on an OPAMP having two tuning signals, where-
by the tuning is obtained by two functions that generate
asymmetry when one of both functions is ON and the
other is OFF.

[0041] Fig. 6 shows a circuit diagram of an embodi-
ment of an adaptive amplifying compensation stage
having two tuning signals, whereby the tuning is
achieved by sequentially turning ON and OFF two emit-
ter followers.

[0042] Fig. 7 illustrates a typical prior art symmetric
OTA that generates tuning signal K in the case of a sin-
gle amplifying stage with single tuning signal.

[0043] Fig. 8 illustrates an embodiment of a method
for generating all the different tuning signals following
the neighbour triggering method according to the
present invention.

[0044] Fig. 9 shows a graph of voltage versus time,
indicating how the different tuning signals turn to ON,
when applying a step voltage at the input of the compa-
rator of Fig. 2 and Fig. 8.

[0045] In the different drawings, the same reference
figures refer to the same or analogous elements.

Detailed description of the invention

[0046] The presentinvention will be described with re-
spect to particular embodiments and with reference to
certain drawings but the invention is not limited thereto
but only by the claims. The drawings described are only
schematic and are non-limiting. In the drawings, the size
of some of the elements may be exaggerated and not
drawn on scale for illustrative purposes. the dimensions
and the relative dimensions do not correspond to actual
reductions to practice of the invention.

[0047] It is to be noticed that the term "comprising",
used in the claims, should not be interpreted as being
restricted to the means listed thereafter. Thus, the scope
of the expression "a device comprising means A and B"
should not be limited to devices consisting only of com-
ponents A and B. It means that with respect to the
present invention, the only relevant components of the
device are A and B.

[0048] Similarly, it is to be noticed that the term "cou-
pled" should not be interpreted as being restricted to di-
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rect connections only. Thus, the scope of the expression
"a device A coupled to a device B" should not be limited
to devices or systems wherein an output of device A is
directly connected to an input of device B. It means that
there exists a path between an output of A and an input
of B which may be a path including other devices or
means.

[0049] Furthermore, the terms first, second, third and
the like in the description and in the claims, are used for
distinguishing between similar elements and not neces-
sarily for describing a sequential or chronological order.
It is to be understood that the terms so used are inter-
changeable under appropriate circumstances and that
the embodiments of the invention described herein are
capable of operation in other sequences than described
or illustrated herein.

[0050] The invention will be described by a detailed
description of several embodiments of the invention. It
is obvious that other embodiments of the invention can
be configured according to the knowledge of persons
skilled in the art without departing form the true spirit or
technical teaching of the invention, the invention being
limited only by the terms of the appended claims. It will
be clear for a person skilled in the art that the present
invention is also applicable to similar circuits that can be
configured in any transistor technology, including for ex-
ample, but not limited thereto, CMOS, BICMOS and
SiGe BICMOS. Also will it be clear that similar merits of
the invention can be obtained when single ended sig-
nals are implemented as differential signals and vice-
versa, without departing from the true spirit of the inven-
tion.

[0051] Fig. 1 shows a prior art solution for a control
loop of an adaptive filter 40, as described in EP-
02447160. A signal that has been transmitted through
a dispersive communication channel and is attenuated
in some of its frequency components, especially its high-
er frequency components, enters the equalizer on node
41 being its data input. The system described is self-
adaptive, i.e. based on the equalized signal at an output
43 of an adaptive filter 40 of the equalizer, it is deter-
mined by filters 44 and 45 and their connected peak de-
tectors 46 and 47 and a comparator 48, whether a tuning
signal K, fed to the adaptive filter 40 via node 49, should
go up or should go down. This tuning signal K is stored
on a memory element, e.g. a capacitor 50. Typically,
when the tuning signal K goes up, the adaptive filter 40
is driven such that it compensates more for high fre-
quency losses, thus increasing the amount of higher fre-
quency gain. When the amplitude of the higher frequen-
cy signals at node 43 is at a too high level with respect
to the amplitude of the lower frequency signals at the
same node 43, this will be determined by the feedback
circuit formed by filters 44 and 45, peak detectors 46
and 47 and comparator 48. K will be decreased, and the
adaptive filter 40 will correspondingly decrease the high-
er frequency gain. A limiting amplifier 42 is provided at
the output 43 of the adaptive filter 40, for example for
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clipping the output signal and converting it to a digital
signal 51.

[0052] Most known solutions have one element in
common: a comparator or Operational Transconduct-
ance Amplifier (OTA) 48 that drives a memory element,
e.g. a capacitor 50. The voltage on the memory element,
e.g. capacitor 50, is then the signal that tunes the adap-
tive filter 40.

[0053] Fig. 2 shows a first embodiment of an adaptive
equalizer according to the present invention. Such
equalizer may be provided at the receiver side of a trans-
mission or communication channel, and may be used
for example in, but not limited to, communication over
coax, twisted pair and printed circuit board backplane
interconnects. A transmission channel or communica-
tion channel may for example include a twisted pair, a
coaxcable, a printed circuit board transmission line, in-
cluding both differential signalling and single ended sig-
nalling methods. Attenuation of higher frequency com-
ponents in the transmission channel can be due to sev-
eral attenuation mechanisms, including for example, but
not limited thereto, metal skin-effect, dielectric losses
and first order attenuation including parasitic capaci-
tances and/or inductances at printed circuit board via's
and connectors.

[0054] A signal transmitted through the communica-
tion channel enters the equalizer on node 41 being its
data input.

[0055] The adaptive filter function of the equalizer,
carried out by an adaptive filter 100 is split into several
adaptive amplifying compensation stages 53, 54, 55
which are coupled in series in cascade. The number of
these adaptive amplifying compensation stages 53, 54,
55 depends on the wanted or required total compensa-
tion to be reached, and can differ from application to ap-
plication. This number also depends on the used circuit
integration technology. In applications where the trans-
mission channel length may vary, the equalisation must
be capable of adapting to variations in the cable length.
Therefore, each adaptive amplifying compensation
stage 53, 54, 55 equalises the data signal for a length
of the transmission channel (up to a predetermined
maximum) via which the data signal was received. Pref-
erably, although not necessarily, each adaptive amplify-
ing compensation stage 53, 54, 55 provides similar
equalisation or compensation for an equal predeter-
mined maximum length of transmission channel. For ex-
ample, for a transmission channel length of between 2L
and 3L, the first two adaptive amplifying compensation
stages 53, 54 may provide equal successive amounts
of equalisation, with the third adaptive amplifying com-
pensation stage 55 providing a non-ideal amount of
equalisation for the remaining cable length between 2L
and 3L.

[0056] Each of the adaptive amplifying compensation
stages 53, 54, 55 are driven or controlled by one or more
tuning signals K11, K21, K12, K22, K13, K23, in such a
way that each tuning signal KJ-i has only a limited effect
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on the amount of compensation that it can generate.
Each tuning signal K11, K21, K12, K22, K13, K23 can
deliver e.g. maximally 8 dB (preferably maximally 5 dB)
of compensation in the transfer function of its adaptive
amplifying compensation stage 53, 54, 55. Tuning cir-
cuits 56, 57, 58, 59, 60, 61 organise how the tuning sig-
nals K;; are turned ON sequentially following a neighbour
triggering method, as explained below. In the present
invention, it is proposed that at any moment preferably
maximally one tuning signal from the set of tuning sig-
nals Kji is at an intermediate tuning level, whilst the re-
maining tuning signals are at either one of two binary
states, for example either at a ZERO-level, or at the
ONE-level. In other words, the tuning signals are either
ON or OFF, thus generating filter stages with a transfer
function which is an ideal inverse of the transfer function
of parts of the transmission channel, except for one tun-
ing signal that can be at an intermediate level, thus gen-
erating a filter stage with a transfer function which is
non-ideal inverse of the transfer function of a part of the
transmission channel.

[0057] Figs. 3a, 4, 5 and 6 illustrate a several embod-
iments of adaptive amplifying compensation stages 53,
54, 55 according to the present invention.

[0058] In Fig. 3a, a differential adaptive amplifying
compensation stage 12 is shown, corresponding to the
adaptive amplifying compensation stages 53, 54, 55 of
Fig. 2. The compensation stage 12 receives an input sig-
nal Ini between a first input terminal In1 and a second
input terminal In2, and generates an output signal OUTi
between a first output terminal 01 and a second output
terminal 02. The compensation stage 12 comprises a
low frequency (LF) amplification means LF1 and a plu-
rality of high frequency (HF) amplification means 10, 11.
[0059] As LF amplification means LF1, a differential
pair is provided, comprising a first transistor M1 and a
second transistor M2, the gate of the first transistor M1
being connected to the first input terminal In1 and the
gate of the second transistor M2 being connected to the
second input terminal In2. The source of the first tran-
sistor M1 is coupled to a first current source 11, and the
source of the second transistor M2 is coupled to a sec-
ond current source 12. The drain of the first transistor M1
is coupled to the positive power supply Vcc over a first
resistor R1. The drain of the second transistor M2 is cou-
pled to the positive power supply Vcc over a second re-
sistor R2. The drain of the first transistor M1 is connect-
ed to the first output terminal O1 and the drain of the
second transistor M2 is connected to the second output
terminal O2. The source of the first transistor M1 and
the source of the second transistor M2 are coupled to
each other over a third resistor R5. As known in the state
of the art, the ratio between the first resistor R1 (prefer-
ably equal to the second resistor R2) and the third re-
sistor R5 determines the DC amplification of the differ-
ential pair.

[0060] For amplification of the higher frequencies, the
compensation stage 12 comprises a number of high fre-
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quency (HF) amplification means. In the example given
in Fig. 3a, the compensation stage 12 comprises a first
HF amplification means 10 and a second HF amplifica-
tion means 11. Each of the number of HF amplification
means 10, 11 is connected to and controlled or steered
by (voltage) tuning signals K1i, K2i.

[0061] The first HF amplification means 10 in the em-
bodiment of Fig. 3a comprises a first transfer function
generating circuit TF1 coupled in series with a first
switch M3, this series coupling itself being coupled be-
tween the sources of the first and second transistors M1,
M2 of the differential pair. The second HF amplification
means 11 comprises a second transfer function gener-
ating circuit TF2 coupled in series with a second switch
M4, this series coupling itself also being coupled be-
tween the sources of the first and second transistors M1,
M2 of the differential pair. The first and second switches
are each controlled by a tuning signal K1i, K2i respec-
tively.

[0062] The first and second switches may e.g. be
formed by transistors M3 and M4 respectively, the tun-
ing signals K1i, K2i being applied to the gates of these
transistors M3, M4.

[0063] The transfer function generating circuits TF1,
TF2 comprise elements that provide poles and zeros in
the transfer function of the filter. For example the first
transfer function generating circuit TF1 in the example
of Fig. 3a comprises a first and a second capacitor C1,
C2 and a fourth resistor R3. The second capacitor C2
is series coupled to the fourth resistor R3, and this series
coupling is coupled in parallel to the first capacitor C1.
The second transfer function generating circuit TF2 in
the example of Fig. 3a comprises a third and a fourth
capacitor C3, C4 and a fifth resistor R4. The fourth ca-
pacitor C4 is series coupled to the fifth resistor R4, and
this series coupling is coupled in parallel to the third ca-
pacitor C3.

[0064] First to fourth capacitors C1...C4 and fourth
and fifth resistors R3 and R4 are designed such that
when tuning signals K1i and K2i are turned ON, typically
by bringing its voltage to Vcc (K1i=1 and K2i=1), the
transfer function of the compensation stage 12, approx-
imates the inverse of the portion of the transmission
channel that one wants to compensate. First and third
capacitors C1, C3 each bring in a pole in the transfer
function when their respective switches M3, M4 are
made conductive; in the example given, the transistors
M3, M4 may be turned ON. The combination of the sec-
ond capacitor C2 and the fourth resistor R3 gives a pole-
zero addition when the first switch M3 is turned ON
(switch being conductive), and similarly the combination
of the fourth capacitor C4 and the fifth resistor R4 gives
a pole-zero addition, when the second switch M4 is
turned ON (switch being conductive).

[0065] The first and second high frequency amplifying
means 10, 11 can be made more complex by adding in
more elements, depending on the application. With
making the first and second switches conducting, in
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case of transistors as in the example given above, i.e.
by turning ON transistors M3 and M4 completely, it is
understood to bring the gate voltages to the highest volt-
age available in the given circuit. In most cases, the
power supply voltage Vcc is the highest available volt-
age.

[0066] In Fig. 3b, curves are shown which illustrate,
in function of the frequency, the compensation (in dB)
applied by the circuit of Fig. 3a. The curves Cur1...Cur5
show the effects for variations of the tuning signal values
K1iand K2i, as indicated in the table presented with Fig.
3b. Hereby also intermediate values for these tuning
signals are considered. As is known by a person skilled
in the art, the indicated upper data frequency fy, is
typical half of the communication bit rate in case of NRZ
(non return to zero) signalling. For example, a 10 Gbit/
s data NRZ-signal corresponds to an upper data
frequency fy,i, 0f 5 GHz. The upper data frequency for
other types of communication, including PAM-4
communication, can be determined by any person
skilled in the art.

[0067] Curve Cur1 (K1i=K2i=0, and thus the first and
second switch M3, M4 being non-conductive) shows
0-dB amplification over the whole frequency range from
DC up to the upper data frequency fq,.

[0068] When only the first HF amplification means 10
is turned ON (K1i=1, or the voltage on this node equals
Vcce, and K2i=0), then curve Cur3 can be made to cor-
respond to the inverse of a length-portion of the targeted
transmission channel by implementing the right compo-
nents in the first HF amplification means 10.

[0069] When, however, the tuning signal K1i equals
an intermediate value, e.g. 0.5 (the voltage on the node
being e.g. halfway the power supply voltage Vcc) then
the transfer function obtained by the compensation
stage 12 becomes far from ideal, as illustrated by Cur2.
This is due to the fact that the first switch M3, in the ex-
ample given a transistor, demonstrates resistive behav-
iour with too large resistance value to obtain a good
transfer function. In other words, the poles and zeros of
the transfer function are shifted excessively. The trans-
fer function is no longer monotonically rising up to the
upper data frequency fy,, since it shows a maximum
just below fy..,. Another problem is that in an equalizer,
one doesn't wish to have only small signals, and that the
data signal amplitude becomes so large, that the first
switch M3, in the example given a transistor, cannot be
considered to be a linear resistor when being turned on
halfway. This is further more likely when moreover op-
erating at a lower power supply voltage, e.g. of 1200
mV. This causes non-linear effects starting to dominate
as well. These non-linear effects increase the amount
of deterministic jitter. When switch M3, in the example
given a transistor, is fully turned on (i.e. K1i=1), these
non-linear effects can in most cases be designed to be
sufficiently low and tolerable.

[0070] Similar things happen when the first tuning sig-
nal K1i is in a first binary state suitable for switching on
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the first HF amplification means 10, and the second tun-
ing signal K2i is in an intermediate state. This is shown
in Fig. 3b, Cur4 for K1i=1 and K2i=0.5.

[0071] From first order calculations and simulations
however, these aforementioned imperfections unex-
pectedly still allow good operation of the total equalizer,
as long as each tuning signal Kji has a limited range 13
of compensation on the transfer function. A good value
of maximum compensation is 8 dB or less per tuning
signal Kji, preferably 5 dB or less. When in the case of
5 dB maximum compensation per tuning signal Kji, for
example 18 dB has to be compensated, three tuning sig-
nals can be at a first binary value, e.g. ONE, suitable for
switching on the corresponding high frequency amplifi-
cation means, one tuning signal can be at an interme-
diate value suitable for turning the corresponding
switching means in a state between fully conductive and
not conductive at all, and the remaining tuning signals
are set to a second binary value, e.g. ZERO, suitable
for switching off the corresponding high frequency am-
plification means. The three tuning signals that are at
the first binary value, e.g. ONE, and the tuning signals
that are at the second binary value, e.g. ZERO, lead to
good transfer behaviour of the adaptive filter in total. On-
ly the tuning signal with its intermediate value will lead
to limited non-perfectness in the small signal transfer
function and to limited non-linearity effects in the large
signal transfer. By keeping the maximum compensation
range 13 smaller than 8 dB, preferably smaller than 5
dB, the additional jitter caused becomes tolerable.
[0072] When the available bandwidth in a given tech-
nology and for a certain application allows amplifying
much more than the proposed 5 dB range in a single
stage, then, several tuning parameters per adaptive am-
plifying compensation stage can be implemented. In
Fig. 3a this is achieved with the second HF amplification
means 11, that can be turned ON by making the second
tuning signal K2i high and making the second switch M4
conductive. Its limited compensation range 14 is also
indicated in Fig. 3b. One adaptive amplifying compen-
sation stage 12 can thus have several tuning signals
K1i, K2i that can be turned ON, one after the other.
There is no limit in the number of tuning signals Kji per
compensation stage 12. If an adaptive amplifying com-
pensation stage 12 can compensate for 20 dB, the op-
timal number of tuning signals Kji would be 4 or 5. If a
total compensation of 30 dB is envisaged, and if one has
amplification stages 12 allowing 10 dB of amplification,
it is advised to use three amplification stages 12, each
having two tuning signals K1i, K2i, as represented in Fig.
2.

[0073] Another way to tune an adaptive amplifying
compensation stage in its higher frequency compensa-
tion is by using varactor capacitors according to a sec-
ond embodiment of the present invention. With MOS
transistor technology, a varactor or variable capacitance
can be made (under the gate of a transistor, with the
gate being one varactor terminal) in three ways: by in-
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version, by accumulation and by depletion.

[0074] In Fig. 4a, again an adaptive amplifying com-
pensation stage 21 is provided, comprising a LF ampli-
fying means LF1 and a HF amplifying means 20. The
LF amplifying means LF1 is as in Fig. 3a and is not de-
scribed here again.

[0075] The HF amplification means 20 comprises, in
the example of Fig. 4, a first and a second varactor C5,
C6 and a sixth resistor R6. The second varactor C6 and
the sixth resistor R6 are coupled in series, and the first
varactor C5 is coupled in parallel to this series-coupled
circuit. The capacitance values of first and second var-
actors C5, C6 are determined by the tuning signal Ki
corresponding to the HF amplification means 20. Both
the first and the second varactor C5, C6 are simultane-
ously tuned.

[0076] In Fig. 4b, a varactor 22 is represented, com-
prising a variable capacitance C7 and three terminals
CA, CB and K.

[0077] InFig. 4c, an implementation is shown in case
the varactor 23 is obtained by inversion. This implemen-
tation shows the source and drain of two PMOS transis-
tors M5, M6 that are all connected together, and the two
gates forming the terminals CA, CB of the varactor 23.
The voltage on node 24 influences the capacitance val-
ue. Resistor R7 allows node 24 to freely oscillate, at
least at higher frequencies. When the voltage at terminal
K is Vcc, and when the voltages at nodes CA and CB
are below Vcc-Vt, then transistors M5 and M6 have
channels filled with carriers, and a high capacitance is
obtained. When the voltage at terminal K is low, the
channels of transistors M5 and M6 are not filled with car-
riers, and the capacitance between terminals CA and
CB will be relatively low.

[0078] Othertypes of MOS varactors are known in the
state of the art and similar anti-series connections can
be considered. The advantage of all these MOS capac-
itors is that it allows to make equalizers that don't require
a poly-poly or metal-metal (MIM) capacitor module mak-
ing the production cheaper. The varactors will behave
highly non-linear when the tuning signal is in certain
ranges between ZERO and ONE. Again, by limiting the
maximum compensation per tuning signal, the added jit-
ter to the output is tolerable.

[0079] Fig. 5 shows an OPAMP alternative for OTA
based LF amplification circuit LF1 that in some cases
may be favoured by design engineers for designing an
adaptive amplifying compensation stage 24. The com-
pensation stage 24 of Fig. 5 comprises a first HF ampli-
fication means 25 and a second amplification means 26,
which are as the first and second amplification means
10, 11 of Fig. 3a, and therefore are not explained in detail
here again. The compensation stage 24 furthermore
comprises an opamp 27 having a positive and a nega-
tive input terminal and a positive and a negative output
terminal. The first HF amplification means 25 is coupled
between a first input terminal In1 of the compensation
stage 24 and the positive input terminal + of the opamp
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27. A resistor R9 is also coupled between these input
terminals In1, +, in parallel with the first HF amplification
means 25. The second HF amplification means 26 is
coupled between a second input terminal In2 of the com-
pensation stage 24 and the negative input terminal of
the opamp 27. A resistor R11 is also coupled between
these input terminals In2, -, in parallel with the second
HF amplification means 26. The negative output termi-
nal of the opamp 27 is coupled to the first output terminal
01 of the compensation stage 24, and the positive output
terminal of the opamp 27 is coupled to the second output
terminal 02 of the compensation stage 24. A first feed-
back resistance R12 is coupled between the negative
output terminal of opamp 27 and the positive input ter-
minal thereof, and a second feedback resistance R13 is
coupled between the positive output terminal of opamp
27 and the negative input terminal thereof.

[0080] In first instance, first HF amplification means
25 is turned ON, followed by second HF amplification
means 26. When first HF amplification means 25 is ON
and second HF amplification means 26 is still OFF, the
differential transfer behaviour can still be perfect. How-
ever due to the induced asymmetric functioning of com-
pensation stage 24, some unwanted common mode ef-
fects can be expected. However, each following differ-
ential stage will reject this common mode irregularity.
[0081] The lengths L of transistors M3 and M4 can be
taken at the smallest length possible for the given tech-
nology. The widths W of transistors M3 and M4 should
be taken large enough to be able to place the poles and
zero's associated with the resistors R3, R4 and the ca-
pacitors C1...C4 on their intended position. Itis however
possible that transistors M3 and M7 cannot be designed
to perform well enough. This would typically be the case
when their parasitic capacitance starts having detrimen-
tal effect on the transfer function, even when the tuning
signals K1i and k2i are fully in either of two binary states,
e.g. are fully ONE or ZERO. In that case, another circuit
topology needs to be found. One solution to this is for
instance, instead of using transistors M3 and M4 for
bringing in HF amplification means 25 and 26, the use
of MOS varactors as variable capacitors at the place of
capacitors C1...C4 (and the removal of transistors M3
and M4).

[0082] Another solution is by using voltage followers,
as in Fig. 6 where this is being demonstrated, as an ex-
ample only, with Bipolar transistors.

[0083] Fig. 6 shows howinaBICMOS technology with
weak performing CMOS transistors a similar principle
like with the circuit of Fig. 5 can be achieved. Thereby,
the higher speed bipolar transistors B1...B9 will form the
fast part of the circuit. Transistors B1...B9, and the tran-
sistors in opamp 30 are e.g. all bipolar. The compensa-
tion stage 31 comprises an opamp 30, a first HF ampli-
fication means 36 (comprising a resistor R14 and ca-
pacitors C12, C13) and a second HF amplification
means 37 (comprising a resistor R15 and resistors C14,
C15). First and second feedback resistors R18, R19 are
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coupled over the opamp 30 as in Fig. 5. Voltage follow-
ers B6 and B7, drive the input of the amplification stage,
without generating higher frequency gain.

[0084] When current source B4 is turned ON (by first
tuning signal K1i), voltage follower B8 will turn ON as
well, and node 34 copies the input signal with a small
voltage offset, and drives first HF amplification means
36, generating higher frequency gain. Similarly, current
source B5 can be turned ON (by second tuning signal
K2i), voltage follower B9 will then turn ON as well, and
node 35 will drive second HF amplification means 37,
thus further doubling the amount of higher frequency
gain of the total stage.

[0085] Nowadays, bipolar equalizers are typically
made using techniques very similar to the techniques
used to make a Gilbert Multiplier, requiring a power sup-
ply voltage of essentially 3,3 volt. Using the principle of
Fig. 6, the power supply voltage can be easily de-
creased to below 1800 mV, since the number of transis-
tors that need to be vertically stacked - each requiring
some voltage range of the power supply voltage - can
be kept at low as two.

[0086] Fig. 7 shows how OTA 48 from Fig. 1 can be
made by using a textbook symmetrical OTA that has full
output range. The OTA 48 comprises transistors M20...
M27 and current source 14, all connected up as known
by a person skilled in the art and as represented in Fig.
7, and has as input signals the signals on nodes 64 and
65 coming from the peak detectors 46 and 47.

[0087] Fig. 8 shows a preferred embodiment of the
present invention for gradually and sequentially turning
ON and OFF a large number of tuning signals. Itis based
on the fact that each tuning circuit keeps in touch with
it neighbours.

[0088] Basically, in OTA 52 the same transistor topol-
ogy of OTA 48 is used, however its output transistors
(M25 and M27 in Fig. 7) are repeated in each tuning
circuit 72, by transistors M37 and M36. Instead of one
memory element 50, e.g. a capacitor, that stores the tun-
ing signal K, for each tuning circuit 72, one memory el-
ement 30, e.g. a capacitor, is provided for storing the
tuning signal Kji. Each tuning circuit 72 receives its
neighbouring tuning signals, such that it can determine
whether it is allowed to become the tuning signal that
can be intermediate. If a tuning circuit 72 only has one
neighbouring tuning circuit, it only receives one neigh-
bouring tuning signal. When the tuning voltage left from
tuning circuit 72 shows a voltage on node 70 close to
Vcc, then through a first inverter circuit INV1 comprising
transistor M41, node 73 will go LOW, and transistor M39
becomes conductive. The tuning signal Kji can now in-
crease. Similarly, when the voltage on Kji is getting close
to Vcc, then it becomes the next tuning circuit's turn to
start changing. When Kji has been high for some time,
and the tuning voltage at the compensation stage right
from compensation stage 72 shows a voltage close to
0 volt on node 71, then the transistor M40 of a second
inverter circuit INV2 stops conducting, node 74 be-

10

15

20

25

30

35

40

45

50

55

comes HIGH, and from then on its up to tuning circuit
72 to start discharging memory element C30, e.g. a ca-
pacitor, through transistors M36 and M38. When func-
tioning inside a tuning-loop like in Fig. 2, the typical out-
come will be that after some time, equilibrium is
reached, and one tuning signal Kji will be somewhere at
an intermediate level. The tuning signals outputted by
the tuning circuits at its left will be at a HIGH level, and
the tuning signals outputted by the tuning circuits at its
right will be at the LOW level.

[0089] Current sources 15 and 16 of the inverter cir-
cuits INV1 and INV2 should be designed to give only
limited current, such that the voltage turning point of the
first inverter INV1 formed by transistor M41 and current
source 15 is very close to Vcc and so that the voltage
turning point of the second inverter INV2 formed by cur-
rent source 16 and transistor M40 is close to GND volt-
age.

[0090] The above principle can be unlimitedly extend-
ed. Uncertainties on the offset voltages in transistors
M38...M41 have only some influence on the voltage
turning points, not hindering the good operation of the
tuning circuit 72. Mismatches in offset voltage between
transistors M36 and M26 can be recalculated to an ef-
fective input offset at the input of comparator 52. How-
ever, by having a high transconductance in transistors
M20 and M21, and a much lower transconductance in
transistors M26 and M36, the offset mismatch referred
to the input can be dimmed to a great extend, as known
by the person skilled in the art. A similar offset mismatch
reduction strategy holds for the transistors M37, M22,
M23 and M24.

[0091] Fig. 9furtherillustrates the neighbour triggered
sequential principle. Curve 90 is a graph illustrating the
first tuning signal K1i that increases, as from time T1,
up to the power supply voltage. At moment T2, K1i
reaches a voltage value close to Vcc, and node 73 of
the next tuning circuit goes LOW. Curve 91, being the
voltage of the next tuning signal starts increasing. When
the latter voltage becomes high enough, at moment T3,
the next tuning circuit starts becoming the tuning stage
having an intermediate tuning signal voltage following
curve 92. In this way sequential turn-ON is being estab-
lished, further represented by curves 93, 94, 95. When
the differential voltage at the input of comparator 52
changes sign, the complementary discharging process
is started, as can be understood by a person skilled in
the art.

[0092] The set of tuning signals that turn on sequen-
tially, can be connected to the adaptive amplifying com-
pensation stages freely. It is not necessary that the tun-
ing signals follow the adaptive amplifying compensation
stage in the same sequence, however to increase signal
to noise ratio, it is better to start amplification (in this
case of the higher frequencies), as soon as possible in
the amplification chain. For that reason it is somewhat
better to have the same sequence. For the adaptive am-
plifying compensation stages that have two or more tun-
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adaptive amplification compensation stage (53, 54,
55).

ing signals, especially when generating an asymmetry
like aforementioned, it is advised to turn ON the tuning
signals from each such stage successively.

level, while all tuning parameters (K1i, K2i) together
applied to that adaptive amplification compensation
stage provide the first compensation level for the

10

7. Anadaptive equalizer according to claim 6, wherein
5 the adaptive amplification compensation stage is
Claims adapted so that the limited part of the first compen-
sation level provided by one of the tuning parame-
An adaptive equalizer having an adaptive filter ters alone is 8 dB or less, preferably 5 dB or less.
(100) with a first signal filtering behaviour for com-
pensating for frequency dependent signal modifica- 70 8. An adaptive equalizer according to any of claims 3
tions introduced by a transmission channel, to 7, wherein an adaptive amplification compensa-
the adaptive filter (100) being provided for receiving tion stage (53, 54, 55) where all tuning parameters
at least two tuning parameters (K1i, K2i) having a have a first binary value, generates a second signal
tuning effect on the first signal filtering behaviour of filtering behaviour that compensates the signal loss
the adaptive filter (100), 15 of a portion of the transmission channel.
wherein the tuning parameters (K1i, K2i) are such
that they have any of a first and second binary val- 9. An adaptive equalizer according to any of claims 3
ue, or an intermediate value, to 8, wherein the adaptive amplification compensa-
tuning parameters with a binary value generating a tion stage which receives a tuning parameter with
second signal filtering behaviour of the adaptive fil- 20 an intermediate value generates a third signal filter-
ter (100), and a tuning parameter with an interme- ing behaviour that is not completely compensating
diate value generating a third filtering behaviour of the signal loss of a portion of the transmission chan-
the adaptive filter (100), the third filtering behaviour nel.
being less ideal than the second filtering behaviour
for compensation of the modifications introduced by 25 10. An adaptive equalizer according to any of the pre-
the channel. vious claims, furthermore comprising a control cir-
cuit for controlling the tuning parameters (K1i, K2i).
An adaptive equalizer according to claim 1, wherein
no two tuning parameters of the adaptive filter (100) 11. An adaptive equalizer according to claim 10, where-
have an intermediate value at a same moment in 30 in the control circuit comprises, for a tuning param-
time. eter, a memory element for storing a value for that
tuning parameter.
An adaptive equalizer according to any of the pre-
vious claims, wherein the adaptive filter (100) com- 12. An adaptive equalizer according to claim 11, where-
prises a plurality of adaptive amplification compen- 35 in the memory element is a capacitive element.
sation stages (53, 54, 55), each providing part of
the first signal filtering behaviour of the adaptive fil- 13. An adaptive equalizer according to any of claims 10
ter (100). to 12, wherein the control circuit comprises, for a
tuning parameter, a determining means for deter-
An adaptive equalizer according to claim 3, an 40 mining whether it is allowed for the tuning parame-
adaptive amplification compensation stage (53, 54, ter to become a tuning parameter with an interme-
55) having a first compensation level of 8dB or less, diate value.
preferably 5 dB or less.
14. An adaptive equalizer according to claim 13, where-
An adaptive equalizer according to claim 3, wherein 45 in the determining means comprises at least one
an adaptive amplification compensation stage (53, input port for receiving a first tuning parameter val-
54, 55) is provided for receiving two or more tuning ue.
parameters (K1i, K2i).
15. A method for adaptively equalizing a distorted sig-
An adaptive equalizer according to claim 5, the 50 nal from a transmission channel, comprising filter-
adaptive amplification compensation stage (53, 54, ing the distorted signal in an adaptive filter (100)
55) having a first compensation level, wherein each with a first signal filtering behaviour for compensat-
or any of the tuning parameters (K1i, K2i) applied ing for frequency dependent signal modifications in-
to that adaptive amplification compensation stage troduced by the transmission channel, the filtering
only provides a limited part of the first compensation 55 being controlled by a plurality of tuning parameters

(K1i, K2i) having a tuning effect on the first signal
filtering behaviour of the adaptive filter (100),
the method comprising driving the tuning parame-
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ters (K1i, K2i) so as to have any of a first and a sec-
ond binary value, or an intermediate value,

tuning parameters with a binary value generating a
second signal filtering behaviour of the adaptive fil-
ter (100), and a tuning parameter with an interme-
diate value generating a third signal filtering behav-
iour of the adaptive filter (100), the third signal fil-
tering behaviour providing a partial compensation
of the signal modifications introduced by the chan-
nel, which partial compensation is limited to 8 dB or
less, preferably 5 dB or less.

A method according to claim 15, wherein no two
tuning parameters of the adaptive filter (100) are
driven so as to have an intermediate value at a
same moment in time.

A method according to any of claims 15 or 16,
wherein the filtering is done in a plurality of adaptive
amplification compensation stages.

A method according to claim 17, comprising con-
trolling an adaptive amplification compensation
stage (53, 54, 55) with at least two tuning parame-
ters (K1i, K2i).

A method according to any of claims 17 or 18, an
adaptive amplification compensation stage (53, 54,
55) having a first compensation level, wherein any
of the tuning parameters alone provides a limited
part of the first compensation level of the relevant
adaptive amplification compensation stage, while
all tuning parameters of the adaptive amplification
compensation stage together provide the first com-
pensation level thereof.

A method according to any of claims 17 to 19,
wherein an adaptive amplification compensation
stage controlled by all tuning parameters having a
first binary value, compensates for the signal mod-
ification of a portion of the transmission channel.

A method according to any of claims 17 to 20,
wherein an adaptive amplification compensation
stage controlled by a tuning parameter having an
intermediate value does not compensate complete-
ly for the signal modification of a corresponding por-
tion of the transmission signal.

A method according to claim 21, wherein the not
complete compensation is due to non-linear effects
in the adaptive amplification compensation stage.

A method according to claim 21 or 22, wherein the
not complete compensation is due to the presence
of a maximum in a compensation transfer function
of the adaptive amplification compensation stage,
the maximum being below an upper data frequency
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of the signal.

24. A method according to any of claims 15 to 23,

wherein the plurality of tuning parameters are se-
quentially applied to the adaptive filter.
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